Abstract-Among all noise sources present in wireline transmission systems we focus on one special type: narrowband radio frequency interference generated by radio amateurs (HAM) and broadcast radio stations. This disturbance, characterized by high power and narrow bandwidth, has the potential of overloading the receiver's analog-to-digital converter (ADC). Once the ADC is in saturation, any countermeasure taken in digital domain will fail. A viable way to face this problem is cancellation using the common-mode signal as a reference. This paper describes in detail an adaptive, mixed-signal, narrowband interference canceller employing a modified recursive least-squares algorithm, which is split into an analog and a digital part. The mixed-signal approach enables the circuit to generate an interference-cancelling signal of several MHz while operating the adaptive algorithm at some kilohertz. Simulation as well as measurement results show a steadystate disturbance suppression of about 35 dB. The convergence speed is high enough to protect the ADC from overloading due to time-variant HAM interference.
I. INTRODUCTION

E
MERGING high-speed data transmission systems intended for use in the access part of the public telephony network, such as the digital subscriber line (xDSL) family, use a much larger bandwidth than the twisted copper pairs were originally intended for. This introduces impairments that researchers and engineers have not been faced with in voice-band modem technology. Among them radio frequency interference (RFI) is considered to be a real challenge. Wires, in particular the last meters to the subscriber as well as the inhouse wiring, act as antennas during broadband data transmission. They emit electromagnetic radiation which is referred to as RFI egress. The radiation may disturb other services, in particular radio amateurs. Forced by legislation, the standardization obliges xDSL modems to reduce their transmit power within the frequency bands reserved for radio amateurs, the so called HAM-bands.
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sources are broadcast radio stations and amateur radio transmitters (HAM transmitters). Especially the interference from radio amateurs is difficult to handle. It is nonstationary, as the transmission is intermittent and bursty, and exhibits potentially high power levels when transmitters are close to the wiring. The effect of HAM interference could be compared with having somebody shouting in your ear while trying to listen to a polite conversation. Broadcast radio stations are easier to cope with since they transmit continuously and are, most often, not as close to twisted pair wires as amateur radio transmitters. A considerable amount of work on mitigating RFI ingress has already been done, partly driven by the very high-speed digital subscriber line (VDSL), asymmetric digital subscriber line (ADSL), and single-pair, symmetic digital subscriber line (SDSL) standardization processes. A basic overview of the interference problem in xDSL is provided in [1] . Investigations of the RFI environment, as well as practical ingress measurement results can be found in [2] - [4] . Mitigation techniques in the digital domain, i.e., after the analog-to-digital converter (ADC), are often different for multicarrier modulation (MCM) and singlecarrier modulation (SCM). There are several ways to cope with RFI in discrete multitone (DMT) based MCM transmission: filtering, windowing, and digital RFI cancellation [5] - [8] . In SCM, the decision feedback equalizer (DFE) is often the key element concerning narrowband interference mitigation. Investigations can be found in [9] and [10] . All digital RFI mitigation techniques work as long as the receiver's ADC is not overloaded. Short-time clipping events may, depending on their duration, be handled by an interleaver/deinterleaver present in the system. Strong radio frequency interference, however, can generate a lasting overload condition which must be avoided.
The purpose of this paper is to detail a theoretical approach, and describe a corresponding implementation, to mitigate strong narrowband RFI in the analog domain, i.e., before the modem's ADC. Cancellation for time division duplexing systems, making use of the silent period between changes of transmission direction, has been proposed in [11] . A similar solution, implemented in an analog front-end for VDSL, has been reported in [12] . Our approach is capable of suppressing intermittent HAM disturbance quickly enough to prevent overload conditions also in systems applying frequency division duplexing. These results have in part been presented in [13] .
The paper is organized as follows. Section II analyzes the RFI ingress problem. Models for the interference and the coupling process are derived. Section III introduces the canceller. Its adaptation is done by a modified RLS algorithm exploiting the narrowband property of the disturber. A detailed derivation of the algorithm is given in the Appendix. Implementation aspects, especially addressing the analog part, are also discussed. An evaluation of the circuit is done by simulations in Section IV. The principle has been verified by experimental results presented in Section V.
II. RADIO FREQUENCY INTERFERENCE
A. RFI Ingress
The signal we wish to transmit is applied as a voltage between two wires causing a differential-mode (DM) current, as depicted in Fig. 1 . Any radio frequency interferer located closely enough to the wire will cause RFI ingress due to electromagnetic coupling. When talking about RFI ingress, two types should be distinguished. First, the interference will cause an additional DM current in the loop formed by the two wires. The DM signal at the termination impedance consists of the desired signal , the narrowband disturbance component , and a noise , i.e.,
The disturbance interferes additively with the desired signal and should be kept as low as possible in order not to saturate the receiver's ADC. Shielded cables would be the preferred choice, but they are rarely installed in the access network. Twisting the two wires lowers the ingress substantially, since the induced currents change their direction from twist to twist and cancel themselves to a certain extent.
Second, RFI ingress will also appear in the loops formed by each of the two wires and ground. These loops are closed by the coupling impedances . Their values depend on a variety of parameters, for example the type of the cable, its position relative to ground, the hybrids used for two-wire to four-wire conversion, etc. These common-mode (CM) currents find their return path via ground. The resulting CM signal /2 may be obtained by the center tap of a transformer and primarily consists of the disturbance caused by radio ingress. In general, the CM interference will be much larger than its corresponding DM component since the CM loops have larger areas and are, thus, more susceptible to RFI. Due to unbalance of the wire pair and the transformer, may also contain a small portion of the desired signal. In practice, however, the amount of interference will be substantially higher than the desired signal component. 
B. Signal and Coupling Models
Based on the observations made at physical layer in the previous section, we identify the general coupling model depicted in Fig. 2 
The DM interference is virtually the same as the CM signal , except that it is scaled by 1/ and shifted in time by . Depending on the type of wire, the CM to DM coupling can be as high as dB, i.e., the attenuation from CM to DM is 30 dB. The CM disturbance can be in the order of 30 V at the receiver, which may result in DM disturber levels of up to 0.5 V [2] , [3] . The level of the desired signal at the receiver's input, for a medium wire length of 1.5 km, is typically in the range of 60-80 mV . The receiver's ADC is normally tuned to sample only the desired signal. In the presence of strong RFI, the ADC will then saturate, and the desired signal is lost.
The most broadband xDSL system so far is VDSL, which uses up to 12 MHz. There are several HAM bands used by radio amateurs that lie between 1 MHz and 12 MHz. The bands themselves are well defined but within them the radio amateur transmitter may change its transmit frequency arbitrarily. Although the carrier frequencies are high, the maximum bandwidth of the disturbing signals is only some kilohertz, as defined by national and international regulations. What we really need to track with the canceller are changes in the coupling from the CM signal to the DM signal, i.e., and in (2) as functions of time. They are both frequency dependent and will change when the RFI disturber changes its frequency. However, their change is virtually zero within the few kilohertz of bandwidth of a HAM-disturber. Neither does the disturber traverse along the line at any speeds that would cause rapid changes in the coupling. Thus, in practice we can assume that and are constant for a given RFI disturber.
III. COMMON-MODE REFERENCE BASED CANCELLER
The principle of analog RFI cancellation using the CM signal as a reference is illustrated in Fig. 3 . The fact that the disturbing signal is of special nature, i.e., of small bandwidth, can be utilized when designing a canceller [14] . We use a combination of high-frequency analog signal processing and low-frequency digital signal processing. Our adaptive canceller is based on a modified RLS algorithm which is split into one analog and one digital part. Fig. 4 shows a block diagram of the canceller. The analog-todigital and digital-to-analog converters (ADCs and DACs) operate at the sampling frequency , which corresponds to the algorithm's update rate and is relatively low as we will see. As illustrated in Figs. 3 and 4, the circuit has two inputs: a primary input for the DM signal and a reference input for the CM signal . Every seconds, the cancellation algorithm calculates a new coefficient vector (3) which is converted into the time-continuous weight signals and by the two DACs in Fig. 4 , i.e.,
A. Signal Decomposition
The CM signal serves as a reference and is converted into two orthogonal signals, collected in the vector (5) by means of a 90 -phase splitter. The elements of are weighted by to generate the interference-cancelling signal (6) where denotes the transpose. Note that (6) is realized by the quadrature modulator in Fig. 4 . With the two parameters and , both amplitude and phase of the sinusoidal interference-cancelling signal can be arbitrarily adjusted. The resulting a priori estimation error is given by (7) The quadrature demodulator generates the two-component, baseband, error signal , which is the lowpass-filtered product of and the a priori estimation error caused by the current weight vector, i.e., (8) where is the impulse response of the two right-most lowpass filters of Fig. 4 . The optimum choice of the impulse response will be derived in the sequel. We assume that the interference and the desired signal are uncorrelated, which holds in practice. Furthermore, the following measure of the CM reference signal power (9) will be essential for both the weight-updating and detecting the presence of a disturber, again using a lowpass filter with impulse response . The signals , , and are then sampled at the rate by three ADCs. Since each of these three signals is essentially a lowpass-filtered product of sinusoids having the same frequency, we can interpret them as down-converted, DC-like signals. The canceller has to track only these slowly varying levels, thus, the sampling frequency of the converters can be in the range of only some kilohertz.
B. Formulation of the Adaptive Algorithm
The small bandwidth of the interferer allows the introduction of the following model for the DM signal: (10) where is the true unknown weight vector. Any noise present at the receiver's input is represented by (cf. Fig. 2 ).
We aim at finding an updated estimate given an estimate at iteration , as well as the observable signals and . Note that this problem is similar to the classical recursive least-squares (RLS) algorithm [15] albeit there are two differences. First, our model is not based on a transversal filter since does not represent a tap vector. Second, the observable signals and are time-continuous. Hence, we define the cost function (11) where (12) is the estimation error and the constant 1 is a forgetting factor weighting recent data higher and older data lower. We introduce two assumptions here. First, assume that and have the same time-averaged power [cf. (32, Appendix)]. Second, since the reference-signal components and are orthogonal, we assume that their time-averaged product is zero [cf. (33, Appendix)]. Minimizing (11) yields the update rule for the weight vector, (13) with (14) Equations (13) and (14) constitute the digital part of the update algorithm. The analog part comprises the weighting within one period , carried out by the three lowpass filters in (8) and (9) . By minimizing (11), we obtain the optimum lowpass filter impulse response otherwise. (15) The derivation of the algorithm is given in full in the Appendix.
C. Implementation Aspects
Each component of the analog part, including the ADCs and DACs, will introduce noise as well as offsets. From a system point of view, the canceller can be seen as an additional broadband noise source located between the line and the receiver. Its contribution to the total noise present at the receiver's input should not lower the overall performance. Our experience from building low-cost demonstrators shows that especially the multipliers M1 and M2 in Fig. 4 should be designed carefully since their output directly affects the output signal of the canceller. However, several examples show that high quality integration of similar circuits is possible [16] , [17] .
The 90 -phase splitter can be realized by a phase locked loop (PLL), which is also the case in our demonstrator used in Section V. One output of the splitter is identical to the input, i.e.,
, and the other output is the PLL output signal. The circuit can handle slow changes of the disturber's frequency, corresponding to low bandwidth.
1) Offset Compensation:
The offsets present in the circuit can be compensated for to a certain extent. The compensation is done in two steps. First, setting both inputs and as well as the weights to zero, all three canceller input signals should be zero as well. The values measured in this state are the input offset levels. The input signals are corrected by subtracting these levels from this point on. Second, a sinusoid at the reference input is provided while the DM input signal as well as the weights are still kept zero. Ideally, the canceller output should be zero, but due to DAC offsets there may be some CM leakage. If we start the canceller now, it will eliminate this leakage-the resulting weight values correspond to the negative offset levels of the DA-converters. These should be the starting weights when the canceller is turned on in order to avoid transients. During the measurements, reported in Section V, we employ these compensation procedures.
2) Low-Pass Filter: Realizing the optimum lowpass filter (15) exclusively in analog domain is rather expensive. We suggest a mixed-signal implementation, yielding exactly the same functionality by splitting the filter into a first-order analog low-pass followed by a first-order digital filter [18] . Generally, (15) can be approximated by a first-order analog lowpass only, potentially yielding similar results. However, the choice of the cutoff frequency would have to be made heuristically, whereas the derivation given in Section III-B and in the Appendix provides the parameters needed for optimum filter design.
3) Converter Resolution: The canceller needs three ADCs and two DACs. As discussed in Section III-A, it is sufficient to choose the sampling frequency to be only some kilohertz in the VDSL environment. This is about a 1000 times lower than the receiver's ADC sampling frequency.
The canceller's input and output signals are of low bandwidth. Thus, the required converter resolution can be determined by a static analysis. The level difference between CM and DM can partly be compensated for by a fixed attenuation at the CM input. The remaining part , which depends on the balance variation of the cables the canceller is designed for, has to be realized by the coefficients.
In steady-state, each of the two DACs generates a coefficient ranging between normalized values of 1 to 1, with a maximum error , where is the resolution. An RFI disturber of level at the DM input will cause a residual interferer of amplitude at the canceller output. Thus, the achievable RFI suppression is limited by , consequently yielding . A desired suppression of 40 dB for a coupling factor variation of 30 dB requires . The resolution of AD and AD is determined by the ratio of their maximum input level and their minimum input level of interest , i.e., . Thus, is sufficient for an RFI suppression level of 40 dB.
AD essentially has to cope with the range of the coupling factor, i.e., , which yields 10 for 30 dB. To summarize, the resolution of the canceller's converters are between, say, 8 to 13 bits and the bandwidth of the converters is in the kilohertz range.
D. Performance Measures
The quality of the adaptive canceller can be measured by three parameters. Two of them describe the performance in steady state, i.e., when the algorithm has converged and the coefficients are frozen. Fig. 5 depicts the situation in terms of power spectral density (PSD). We denote the ratio of signal power to noise power at the canceller input as and the ratio of signal to RFI power ( ) as . The canceller will suppress the disturber by , yielding a (higher) signal to RFI ratio at its output. However, the canceller may also introduce broadband noise for two reasons. First, the implementation of the analog part is crucial from a noise point of view, as discussed in the previous section. Second, broadband noise , present at the CM input, is treated the same way as the RFI reference signal , i.e., is weighted by the coefficients and added to . This effect represents an additional noise source, although is attenuated by approximately , assuming equal CM to DM and DM to CM coupling behavior. Thus, may be reduced by to the signal to noise power ratio at the canceller output . RFI suppression together with the loss characterize the performance in steady state.
The third parameter is the time or, equivalently, the number of iterations, which the canceller needs to attain a certain RFI suppression .
E. Performance Requirements
Mitigation of strong RFI should be done both in analog and digital domain. The purpose of an analog canceller is to lower the requirements on the precision of the analog receiver circuitry, in particular the resolution of the ADC, to a reasonable measure. The residual RFI can then be countered in the digital domain.
The RFI suppression that is necessary to protect the receiver's ADC from overloading, depends on the operating point of the modem, i.e., the power levels of signal, disturber and noise. Furthermore, there is a tradeoff between the precision of the receiver's ADC and the required level of suppression, as discussed in the following. The analog front-end (AFE) of a DSL receiver usually employs a programmable-gain amplifier before the receiver's ADC to handle the high dynamic range of the input signal. An unmodulated RFI disturber has a peak-to-average ratio (PAR) of 3 dB. The desired signal's PAR is 14-18 dB depending on the modulation type [19] . Assume the analog canceller reduces the power of a strong RFI disturber to be equal to the power of the desired signal. The peak level of the disturber will be 11 dB, or equivalently 3.55 times, lower than the peak level of the signal. Thus, an additional effective resolution of 0.35 bit is required for clipping-free AD conversion of a desired signal disturbed by RFI of the same power. The RFI suppression required to avoid an ADC overload condition is depicted qualitatively in Fig. 6 . In general, a certain RFI suppression level is necessary to sufficiently suppress the maximum power RFI in case of maximum desired-signal level (east corner of Fig. 6 ). If we now move from this point in the plot towards decreasing desired signal power, it makes sense to increase the programmable gain if the noise level at the DM input is below the internal AFE noise floor, which depends mainly on the receiver's ADC and determines the SNR in that case. Since the RFI disturber is amplified as well, the required rises. At a certain desired-signal level, further increase of the programmable gain is no longer advantageous, since the DM input noise level would rise above the internal noise floor. From that point on we gain headroom decreasing the desired signal power, which enables us to handle the interferer and consequently reduce the required . Increasing the ADC resolution lowers the required RFI suppression and vice-versa. The performance tradeoff between receiver's ADC and analog RFI canceller corresponds to shifting the surface along the axis. The loss of SNR due to the canceller, characterized by , should be kept as low as possible. During the adaptation phase, the weighting coefficients and, thus, the residual RFI at the canceller output change step-wise, which may cause transient noise. However, many standardized DSL systems, including VDSL, use an error correcting code together with an interleaver. This allows bursty disturbance of several 100 s Corresponds to an unmodulated tone in steady state. However, during ramp-up the bandwidth is not zero, since the amplitude rises from zero to full scale. duration, which is sufficient to protect the transmitted data at the time instants the coefficients change. As soon as the canceller reaches the required RFI suppression, the coefficients can be frozen and updated at a much lower frequency.
In order to protect the receiver's ADC from overloading, an emerging RFI interferer has to be detected and tracked early enough. Due to their limited bandwidth, HAM signals need approximately 1 ms to reach their nominal power. Within this ramp-up time, the required must be achieved.
IV. SIMULATIONS
A. Parameters
Adaptive cancellation of RFI in DSL systems spans a simulation parameter space of considerably large dimensionality. Table I summarizes the parameters relevant for RFI. The given minimum and maximum values indicate the ranges that real (V)DSL systems typically operate in, as will be discussed in the following.
The power of a VDSL modem's transmit signal is limited as standardization allows a maximum transmit power and a maximum PSD of 10 dBm and 60 dBm/Hz, respectively [20] , [21] . The desired signal's PSD is determined by the loop's attenuation. A reasonable lower bound for DM and CM noise PSDs is given by the white Gaussian noise floor of 140 dBm/Hz. Broadband noise at the DM input includes crosstalk, which is often the performance limiting noise source. We restrict our considerations to cases where dB, since this is the minimum required SNR for the modulation types used in DSL [22] . Because of that the maximum DM noise power is 5 dBm and the minimum desired signal power is approximately 55 dBm, assuming a bandwidth of 12 MHz. The CM noise that leaks to the canceller output is attenuated by a factor due to the weighting coefficients. Thus, we chose the maximum CM noise to be times stronger than the maximum desired signal. The maximum RFI power at the DM input is 0 dBm according to the standard. As discussed before, we focus on strong RFI ingress, i.e., the lower limit is the DM signal power of the corresponding scenario. The coupling of a narrowband signal from CM to DM can be described by a complex frequency domain coefficient corresponding to the attenuation and a delay. The CM to DM attenuation ranges from 30 dB for untwisted cables to infinity for theoretically perfect cables. Coupling of the broadband DM signal to CM is frequency dependent. For the sake of simplicity, we assume flat coupling. The special case where the coupling is strong in a certain frequency range within the band of interest is covered by the worse case of a flat PSD with that maximum value.
B. Results and Discussion
The system-level simulation results presented in this section aim at characterization of the canceller's behavior and performance limits under various operating conditions. The analog part is assumed to be ideal and floating point precision is assumed for the digital algorithm.
1) Influence of Desired Signal:
Figs. 7 and 8 show the RFI suppression and the SNR loss , respectively, that the canceller achieves after 10 iterations. With rising , the RFI component becomes dominant at both DM and CM input. CM reference and quadrature demodulator outputs and are of higher quality, resulting in a higher suppression of stronger RFI (north corner of Fig. 7) . Conversely, the interference suppression decreases for (south corner of Fig. 7) . As long as the canceller is able to track the disturber, the weighting coefficients attenuate the CM input signal by in steady state. The signal component at the CM input will, thus, appear at the canceller output with a power approximately lower than the DM desired signal power . This leakage effect is responsible for the degradation of high SNR in case of strong RFI and strong DM signal (east corner of Fig. 8 ). For the canceller loses track of the disturber and may even, depending on the DM to CM coupling function, cancel the DM signal itself (south corner of Figs. 7 and 8). Concerning the balance of the line these results represent the worst case, since maximum coupling ( 30 dB) is assumed. In practice, the canceller would be turned off in this situation.
Summarizing, leakage of the desired signal can be a problem in case both interference and DM signal are strong, the SNR is very high and the DM to CM coupling is strong. Furthermore, the canceller should be inactive in case no or weak RFI (compared with the desired signal's power) is present, which, e.g., can be achieved by thresholding the sampled CM signal power . 2) Influence of Broadband CM Noise: Noise at the CM input has two effects. First, the quality of the RFI reference is degraded, which may reduce the achieved RFI suppression. Second, the noise present at the CM leaks to the canceller output, which may increase the SNR loss. As shown in Fig. 9 , the RFI suppression remains sufficient in the target operating area (cf. Fig. 6 ) as long as the RFI component is dominant at the CM input (west corner of Fig. 9 ). When the CM noise power is in the same order as the CM RFI power, the suppression decays drastically (north corner of Fig. 9 ).
Noise at the common mode input can be divided into two components: the part , which is correlated with the DM noise, and the uncorrelated part . The SNR loss due to leakage of CM noise that is uncorrelated with the DM signal is clear, as shown in Fig. 10 . Correlated CM noise has the potential of cancelling its corresponding DM part in case the coupling is flat and the effective coefficient values, i.e., the coefficients together with an attenuator at the CM input, have Fig. 10 . SNR loss 1SNR depending on desired signal's power P and broadband CM-noise power P achieved after 10 iterations (P = 0 dBm, P = 070 dBm, a =30 dB, single-tone interferer). Fig. 11 . SNR loss 1SNR depending on DM-noise power P and broadband CM-noise power P achieved after 10 iterations (P = 0 dBm, P = 020 dBm, a =30 dB, single-tone interferer).
converged to . The output of the PLL is blocked while the CM noise is scaled and subtracted from the DM signal. This scenario, however, is based on the coincidence of several operating conditions that are nontypical in practice. Note that the SNR loss does not depend on except in case of desired signal leakage (south corner of Fig. 10 ). Fig. 11 shows the influence of DM and CM noise on SNR loss in a typical operating scenario, i.e.,
. The higher the SNR, the lower is the CM noise power that can be tolerated.
To summarize, noise at the CM input has the potential of severely degrading the SNR at the canceller output, especially for low DM noise power. This is often the case if the SNR is high. If strong, broadband CM noise would be common, the canceller may be designed for specified HAM bands. The CM noise can then be reduced substantially by bandpass filtering.
3) Influence of RFI Bandwidth: The behavior of the canceller in case the RFI disturber has (considerable) bandwidth depends strongly on the DM to CM coupling and the 90 -phase splitter. An RFI disturber with small bandwidth, for example if the amplitude of the carrier is modulated by speech, is essentially a tone whose amplitude and phase vary slowly compared with its period. The narrowband RFI case is the most common, and what we address in this paper. In case of a broadband disturber, a Hilbert transformer is necessary to generate the two orthogonal signals and instead of the 90 -phase splitter used for tones. In addition, the canceller uses only two coefficients. Thus, it can only realize flat coupling of the CM reference signal, which is sufficient for tones. However, in general the coupling varies over frequency, although often very little. Nonetheless, the canceller's performance degrades with increasing bandwidth in case of nonflat coupling, even with a perfect Hilbert transformer.
V. EXPERIMENTS
A. Controlled Measurements 1) Setup:
In order to verify the principle, a demonstrator of the canceller has been built according to Fig. 4 . A PC equipped with an AD-/DA card with 16 bit resolution has been used to realize the digital part of the canceller. The digital part of the algorithm is implemented in C and a real-time Linux operating kernel assures that the ADCs and DACs are running at a constant frequency of 20 kHz. Fig. 12 shows a block diagram of the measurement setup. Two transformers are used for combining and separating DM and CM signals, respectively. The unbalance of the line is emulated by the resistors and . In our setup, the signal occupies the band from 5.2 to 8.5 MHz, i.e., the second downstream band according to band allocations standardized by ANSI [20] and ETSI [22] . This band overlaps with the 40 m HAM-band (7 MHz to 7.3 MHz). We chose an RFI disturber frequency of 7 MHz. The allocation of signal and disturber is depicted in Fig. 13 . Table II summarizes the parameters of the test setup.
2) Measurement Procedure: RFI suppression and SNR loss are measured as follows. All signal and noise components, including the RFI disturber, are applied. The canceller is turned on and performs a fixed number of 20 iterations before the coefficients are frozen, which corresponds to the steady state. The canceller's output PSD before and after cancellation yields the achieved RFI suppression as depicted in Fig. 13. Fig. 14 are set to the levels attained during the offset compensation procedure, as described in Section III-C1. The RFI disturber causes the baseband error-signals and to be different from zero. At time instant 0 ms the canceller starts to adapt the weights, which essentially converge after about 20 iterations, input and output PSD of the operating point labeled "PSD" is shown in Fig. 13 . which corresponds to 1 ms. The baseband error levels and tend toward zero. In order to measure the SNR loss, the broadband signal is replaced by a test-tone whose frequency lies within the signal band and does not coincide with the RFI disturber. Comparing the strength of that tone with the noise level, and assuming that this relation is the same over the transmit signal band, gives a measure of the SNR loss. This type of measurement is reasonable since the coupling from CM to DM and vice-versa is virtually constant over the frequency band. a) Influence of Desired Signal: Fig. 15 shows the measured RFI suppression for different signal and RFI disturber levels. The RFI suppression rises with increasing RFI power and decreasing signal power. The corresponding SNR loss depicted in Fig. 16 rises with RFI power, which is due to the noise generated by the canceller's multipliers. Quantitatively, the SNR degradation has to be seen in context of the absolute SNR, i.e., we lose 1.5 dB of the total 47 dB. and , respectively. The RFI suppression decreases slightly with rising CM noise. The SNR loss increases up to a CM noise power of 15 dBm because CM noise leaks to the canceller output. Note that the SNR loss decreases for stronger CM noise levels, since the DM noise component that is coupled in from the CM due to the line unbalance is reduced by canceller. This effect occurs because of the flat coupling between CM and DM and the special values of the coefficients ( ), and has, as already discussed in Section IV-B2, only limited practical relevance.
c) Influence of RFI Bandwidth: The SNR suppression decays moderately with increasing RFI disturber bandwidth as shown in Fig. 19 . Since the coupling is flat in this frequency band, Fig. 19 essentially shows the performance of the 90 -phase splitter.
B. HAM-Ingress Experiments
A second series of experiments examines the canceller's performance in case of real HAM ingress. The experimental setup, shown in Fig. 20 , has been chosen to resemble a real scenario as closely as possible, given the constraints at the measurement site. The field measurements were done with a sampling frequency of 10 kHz. The HAM-signal was in the 3.5-3.7 MHz HAM-band. The measured RFI disturbance suppression during convergence is compared with simulations in Fig. 21 . Fig. 22 shows a screen shot of the steady-state suppression of 35 dB. The canceller signals, depicted in Fig. 23 , show essentially the same behavior as in the laboratory measurements. Note that we started the canceller manually (at time 0 ms) as opposed to activating it when the RFI power exceeds a certain threshold.
VI. CONCLUSION RFI cancellation before the receiver's ADC, i.e., in the analog domain, is both necessary and difficult for broadband wireline transmission systems. The HAM disturbance is bursty and exhibits high power levels. The main goal of the analog interference canceller is to prevent the ADC from overloading.
An adaptive mixed-signal cancellation scheme, and an example implementation, is proposed and detailed. It generates an interference-cancelling signal of several MHz, while the adaptive algorithm operates at a rate of some kilohertz. This is essentially achieved by splitting the RLS algorithm into an analog and a digital part, where the high-frequency signal processing is analog. Simulation results, confirmed by demonstrator measurements, are presented. The canceller needs to be, and is, fast enough to protect data transmission over copper twisted pairs from HAM radio interference. Once adjusted, the canceller achieves a narrowband interference suppression of about 35 dB. However, we do not propose to aim at an exceptionally high suppression in the analog domain. The goal is to protect the receiver's ADC with reasonable implementation effort. Further suppression can be done more efficiently in digital domain.
APPENDIX TWO-COEFFICIENT MIXED-SIGNAL RLS ALGORITHM
We base our analysis on the following model of the DM signal: (16) Since the expectation of the unobservable desired signal and the uncorrelated noise component is zero, i.e., , we postulate (17) as the model of interest. The estimation error or residual error is given by (18) We define the cost function (19) where is a forgetting factor weighting recent data higher than older data. Note that the coefficients and remain fixed during the entire observation interval i.e., for . In order to minimize the cost function, we define the th component of the gradient vector as the derivative of the cost function with respect to the th coefficient , i.e.,
Substituting (18) and (19) in (20) and differentiating with respect to yields
Let denote the special estimation error function minimizing (19) by choosing the optimum coefficients for , i.e.,
Since the estimation error function minimizes (19) , the corresponding derivatives are zero. Thus changing the index to in (22) and substituting into (21) where is the identity matrix. Either or can be used inside the integral since they have the same average power according to (32). Rewriting (31) taking into account (34) yields the mixed-signal recursive expression for the weights (35) where is the a priori estimation error
The integral in (35) represents the convolution of and . Thus, we can rewrite (35) as
where is the optimum (in the sense of minimizing ) low-pass filter impulse response otherwise (38) and is the baseband error signal vector, i.e.,
The input signal power measure can be recursively updated by (40) Again the integral represents the convolution, i.e., we may rewrite (40) (41) where is the CM reference power signal
This holds since are just time-shifted versions of the sinusoidal CM input signal . Thus, all three signals have the same average power.
